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© Improvementa In or relating to hearing aids. 

© A hearing aid comprising a microphone 10 whose output 
signal Is spilt by high and low pass filters 12, IS and supplied 
to two channels. Each channel Includes a variable gain circuit 
15 a; 156. The outputs of the variable gain circuits are mixed 
by a mixer 17 and supplied to an earphone 20. The turnover 
frequencies of the filters are such that one channel limits the 
dynamic range of vowels whereas the other channel limits 
the dynamic range of consonants, thus preventing Interac- 
tion and masking of consonants by preceding vowels. The 
mtelligibllty of speech Is thus Improved. 
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IHPROVEHEEreS IN OR RELATING TO EEABIKD Vms 

The present invention relates to hearing aids* 
Figure 1 of the accompanying drawings shows the 
frequency and intensity distribution of speech sounds, 
which approximately occupy an intensity range of 25dB. 
5 In normal working and social lives, peak speech levels 
of 55 to 85 dB are commonly encountered* Thus the total 
dynamic range of speech to he perceived is 85-( 55-25) 
or 55<iB.- 

A large proportion of hearing-impaired people have 
10 tone audiograms in which the threshold of hearing is 
elevated and the threshold of discomfort remains the 
same as that for a healthy ear. Thus the dynamic 
range is reduced* Dynamic ranges of 40 to 20 dB are 
not uncommon over same part of the frequency spectrum. 
15 The threshold of hearing is often more elevated over 
some parts of the spectrum than others. 

Hearing aids have heen made in which automatic 
volume control with a short attack time and a long 
release time has heen used. This suffers from the 
20 disadvantage that vowels are more powerful than 

consonants while most of the information in speech is 
contained in the relatively weak consonants. A loud 
vowel causes, the AGO system to reduce gain and the 
following weak consonant is helow the threshold of 
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hearing- 

The threshold of hearing is usually not at a 
constant level with frequency and tone control is 
needed to enable all weak signals needed to be heard. 
5 On the other hand the threshold of discomfort is 

usually fairly constant with frequency and loud signals 
should he limi ted to a fairly constant level at the 
eardrum e.g. 90 dB SPL for many patients. However, a 
change of 10 dB with frequency in the level of the 
10 threshold of discomfort may occur and, if it rises in 
a part of the spectrum where the threshold of hearing 
is also very elevated, it may he advisable to limit .\ " \ 
sounds 10 dB later than in the raised part of the • 
threshold of discomfort. 

15 Thus, it is desirable to provide a hearing aid 

sy st em with tone control and signal limitation. 
However, the system should otherwise deliver the sound 
without amplitude or frequency distortion. For a 
patient with binaural capability, an aid on each ear 

20 will make speech easier to understand, particularly 
in conditions of competing noise. 

Haiti-channel compressor hearing aid systems are 
known in which the channel amplifiers are set to 
different compression ratios for each channel. However 
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in such systems, the speech envelope is impaired. 



According to the invention, there is provided a hearing 
aid, comprising a first electro-acoustic transducer for 
converting sound to an electrical signal; frequency 
5 dependent filtering means for dividing the electrical 
signal from the first transducer into two signals of 
different frequency bands; two channels each comprising 
a variable gain circuit arranged to reduce the dynamic ■ 
range of the signals from the filtering means, 
10 which comprise a high pass* filter and a low pass filter 

in first and second ones, respectively, of the two channels, 
the filters having substantially the same turnover frequency - 
• which is in the range 1000 to 2000 Hz; means for mixing* 
the outputs of the channels; and a second electro-acoustic 
15 transducer for -converting the output of the mixing means to 
an acoustic signal; the variable gain circuits being 
arranged such that above a predetermined threshold the peak 
output is substantially constant without the signals 
suffering distortion. 

20 Preferably, the channels contain amplifiers which work at 
full gain until a certain peak signal voltage is reached, ■ 
Thereafter the peak signal voltage is maintained substantially 
constant, but without introducing any substantial distortion. 

Using two channels means that tone control can be achieved 
25 by making the gain before compression starts adequate to 
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raise weak speech sounds above the threshold of hearing* 
For loud signals , limitation can be made to occur 
always at the same intensity to suit a flat threshold 
of discomfort curve* 

5 The high pass and low" pass filters have the same turnover 
frequency and preferably this is equal to approximately 
1500Hz. It is als<5 preferred that the filters have 
filtering characteristics i.e. the same shape and order. 

If 1500 Hz is chosen .as the cross-over frequency, 
10 loud long vowels containing little information, pass 

through the low frequency channel and soft short 
'* consonants containing information pass through the 

high' frequency channel. Multi-channel systems are known 
but such known systems tend to lose the envelope 
15 shapes and; formant characteristics of speech- 

Preferably, each variable gain circuit comprises a 
- variable gain amplifier and an envelope detector 

whose input is connected' to the output of the variable 
gain amplifier and whose output is connected to a 
20 gain control input of the variable gain amplifier. 
.Preferably, the envelope detector is arranged to 
resuond to envelopes whose amplitude exceeds a 
predetermined value. The variable gain amplifier and 
envelope detector may be arranged to perform 
25 compression or limi ting, for instance with an attack 
time ox approximately 2 ^lliseccnds and a release time 



BEST AVAILABLE COPY 



5. 



0077688 



attenuator may be provided between the input of each, 
variable gain amplifier and the corresponding output 
of the filtering means to allow adjustment of 
dynamic range for each channel, in adjustable 

5 attenuator may be provided between the output of each 
variable gain amplifier and the mixing means to permit 
the relative levels of signals in the different 
frequency bands to be adjusted. 

Preferably, a further variable gain circuit is 

10 connected between the first transducer and the 

filtering means. The further variable gain circuit ma; 
comprise a variable gain amplifier and an envelope 
detector whose input is connected to the output of 
the variable gain amplifier and whose output is 

15 connected* to, a. gain control input of the variable 
gain amplifier. The variable gain amplifier and 
envelope detector may have an attack time of 
approximately 2 milliseconds and a release time of 
100 milliseconds or more. 

20 The invention will be further described, by way 

of example, with reference to the accompanying 
drawings, in which: 

Figure 1 is a graph illustrating the Bound 
intensity against frequency of various speech sounds; 
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Figure 2 is a block diagram of a hearing aid 
constituting a second preferred embodiment of the 
invention; 

Figure 3 is a circuit diagram of the hearing aid 
5 of Figure 2; and 

* Figures 4(a) to (d) illustrate graphically four 
types of hearing! impairment-; 

The hear ing aid shown in Figure 2 comprises a 
microphone 10 connected to the input of an automatic 
10 gain control amplifier 11* The output of the 

automatic gain control 11 is connected to the input of 
a high pass filter 12 and. a low pass* filter 13- Ibe 
filters 12 and 13 have a turnover frequency of 1500 Hz 
and - have 1 mirror image' 1 filtering characteristics. The - 
15 outputs of the filters 12 and 13 are -supplied via 
attenuators 14a and 14b to the inputs of automatic 
gain control limiting amplifiers 15a. and 15b 
respectively. The outputs of the amplifiers 15a a^id 
15b are supplied via respective attenuators 16a and 
20 16b to the inputs of a mixer 17- The output of the 
mixer is connected via a volume control 18 to the 
input of an amplifier 19 1 whose output drives an 
earphone 20. 

In use, the microphone 10 converts sounds into 
25 corresponding electrical signals which are supplied 
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to the automatic gain control amplifier 11. The 
automatic gain control amplifier 11 provides 
compression of the dynamic range of the input signals 
across the whole frequency hand thereof and supplies 

5 the. compressed signal to the inputs of the filters 

12 and 13. The filters 12 and 13 divide, the frequency 
hand of the compressed signal into signals of 
frequency above 1500 Hz and signals of frequency below 
1500 Hz. The signals in these two frequency hands 

10 are then supplied via the respective attenuators to 
the automatic gain control limiting amplifiers 15a 
and 15b, each of which is arranged to amplify signals 
below a predetermined level with a substantially 
constant gain and, for' signals above the predetermined 

15 level to provide an output signal' of substantially 
constant level. The attenuators 14a and 14b allow the 
level of the signals supplied to the corresponding 
automatic gain control limiting amplifiers to be • 
adjusted so as to allow the dynamic range limi ting 

20 performed by the amplifiers to he preset according 
to the needs of the patient. The attenuators 16a and 
16b can be used to adjust the relative levels of the 
two frequency bands according to the needs of the 
patient. Also, the volume control 18 allows the 

25 overall output level of the hearing aid to be 
adjusted according to the needs of the patient. 



BEST AVAILABLE COPV 



0077688 

8. 

Figure 3 is a more detailed circuit diagram 
of the hearing aid of Figure 2 with like parts "being 
referred to by the same reference numerals- The 
microphone 10 is connected between a terminal of a 
5 changeover switch 21 and a common supply line, and 
also has an energisation terminal connected to a 
supply line from a voltage regulator 22 forming 
part of a first integrated circuit 23. The supply line 
is decoupled by a capacitor 24* The other fixed 
10 ter minal of the switch 21 is connected via a network 
comprising resistors 25, 26, 2? and a capacitor 28 
to a telephone coupler 29- The slider of the switch 
. 21 is connected via an adjustable attenuator 30 auad 
capacitor 31 to the input of a variable gain 
15 amplifier. 32 also formed in the integrated circuit 23. 
The gain control input of the amplifier 32 is 
connected to the output of an AC-DC converter 33- The 
' output of the amplifier 32 is connected via load 
resistors 34 and 35 to a positive supply line from a 
20 'battery powering the hearing aid, and is also connected 
to the common line via a. capacitor 35* 

The signals from the amplifier 32 are coupled 
via a capacitor 37 to the input of a further 
amplifier -38 of the integrated circuit 23 having an 
25 output* stage comprising an open emitter and open 

collector transistor 39. The emitter of the transistor 
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39 is provided with a load resistor 40 and supplies 
the output signals of the automatic gain control 
amplifier 11 via a network comprising resistors 
41, 42 and a capacitor 43. The collector of the 

5 transistor 39 is provided with a load resistor 44 and 
is connected "by a coupling capacitor 45 to the base 
of a transistor 46 provided with bias resistors 47 
and 48. The transistor 46 is connected in the 
common-collector configuration, and its emitter is 

10 connected via a network comprising a capacitor 49 and 
resistors 50, 51 and 52 to the hase of another 
transistor 53 of complementary type to the transistor- 
46 and also connected in the common collector* mode • 
The emitter of the transistor 53 is- provided, with a 

15 load resistor 54 and* is also connected to the input of 
the AC-DC converter 33* 

The high pass: filter 12, which receives the 
output signals from the automatic gain control 
-amplifier 11 , is of the third order Sallen and Key type 

20 and comprises complementary transistors 55 and 56 
connected as a compound emitter follower, filter 
resistors 57 , 58, and 59* filter capacitors 60, 
61, and 62, and hias resistors 63 and 64. The 
output load of the filter 12 comprises two resistors 

25 65 and 66 which constitute the attenuator 14a* 
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The low pass filter12, which receives the output 
signal from the automatic gain control amplifier 11 
via a coupling capacitor 67 * is also of the third order 
Ball en and Key type and comprises complementary 
5 transistors 68 and 69 connected as a compound emitter 
follower, filter resistors 70, 71 * and 72, filter 
capacitors 73 7 7^» and 75 1 and bias resistors 76, 77 1 
and 78- The attenuator 14b is formed by two load 
resistors 79 and 80 of the emitter follower. 

10 The automatic gain control limiting amplifier 

15ja is based an an integrated circuit 81 of the same 
type as the integrated circuit 23. In fact, the 
amplifier 15a. differs from the amplifier 1*1 only in 
that the transistors "46 and 53 and associated . 

15 resistors and capacitors are replaced by an emitter 
resistor 82, a collector load resistor 83, a 
coupling capacitor 84, and a capacitor 85* 

The automatic gain control limiting amplifier 
15b comprises an integrated circuit 86 of the same 

20 type as the integrated circuit 23 together with 
transistors 87 and. 88 and associated resistors and 
capacitors. In fact, the amplifier 15b differs from 
the amplifier 23 only in that the connection from 
the voltage regulator to the microphone 10 in the 

25 amplifier 11 is replaced by a connection to one end 
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of a resistor 89 whose other end is connected to the 
common supply line, and in that the emitter network of 
the transistor 39 is replaced by a resistor 90. Further 
Further, the output signals from the limiting amplifier 
5 15a and 1^b are taken from the output of the amplifiers 
91 and 92 instead of from the emitter of the transistor 
39. 

The outputs of the limiting amplifiers 15^ and 15b 
are connected via respective coupling networks 

10 comprising capacitors 93 and 94 and bias resistors 
95 and 96, whose interconnection is connected to the 
output of the voltage regulator of the integrated 
circuit 81 , and via. the attenuators 16a and 16b to 
the input of the m±rer 17. The mixer -17 comprises 

15 a transistor 97 connected in the common collector 
mode and provided, with a base decoupling capacitor 
98 and a emitter load comprising a resistor 99 and the 
attenuator 18 in the form of an adjustable 
potentiometer - The slider of the adjustable - 

20 potentiometer is connected via a coupling capacitor 
100 to the input of a micropower amplifier formed 
by a further integrated circuit 101 and provided with 
decoupling capacitors 102, 103, and 104 • The 
amplifier 101 is arranged to provide push-pull 

25 output drive to the earphone 20, with a capacitor 105 
connected across the outputs of the amplifier 101. 
An energisation input of the earphone 20 and the 
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power supply input of the amplifier 101 are 
connected to the positive supply line via a decoupling 
network comprising resistors 106 and 107 and a 
capacitor 108. 

5 The hearing aid Bhown in Figures 2 and 3 

operates as follows* The switch 21 is used to' select 
either the microphone 10 for normal use or the 
telephone coupler 29 vhen the patient wishes to use 
a telephone handset* The automatic gain control 
10 amp lif ier 11 compresses the dynamic range of the 
signals -from the microphone or telephone or 
telephone coupler across ;*the whole audio frequency 
hand. In particular the output from the amplifier 
38 in the integrated circuit 23 at the collector of 
15 the transistor 39 is supplied via the transistor 46, 
a filter comprising the resistors 50, 5^i 52 and "the 
.capacitor 49, and the transistor 53 to the AC-DC 
converter 33, which detects the envelope of the 
.output signal. The output signal from the converter* 
20 33 is arranged to have an attack time of approximately 
2 milliseconds and a release time of approximately 
100 milliseconds, and is supplied to the control input 
of the amplifier 32 so as to control the gain thereof 
to reduce the dynamic range of the input signals. 
25 However, the circuit which controls the gain of the 
amplifier 32 does not operate until the input signal 
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exceeds a predetermined level, thus providing a 
delayed automatic gain control function. Accordingly, 
the attenuator 50 may be adjusted, according to the 
needs of the patient, so as to adjust the degree of 
5 compression i.e. the amount of the dynamic range of 
the input signal which is compressed. 

The filters 12 and 13 divide the output signals 
•from the- amplifier 11 into two frequency hands with 
relatively little overlap at the cross over frequency. 

10 In the embodiments described, the cross over frequency 
is given as 1500 Hz, but could lie in the range from 
• 1000 to 2000 Hz, the actual value being selected 
according to the needs of the patient. The outputs of 
the respective filters are supplied to the corresponding 

15 limiting amplifiers ija and l^bu These amplifiers 
function in essentially the same way as the automatic 
gain control amplifier 11 except that the gain control 
circuits are arranged to -have a higher gain so as to 
limit the output signals from these amplifiers when 

20 the input signals exceed a predetermined threshold, 
. instead of merely reducing the dynamic range* Both 
the limiting amplifiers 15a and 15b have an attack 
time of approximately 2 milliseconds, whereas the 
release times may differ somewhat* For instance, 

25 the release time of the amplifier 15a may be 

approximately 10 milliseconds whereas the release 
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time of the amplifier i^b may be approximately 30 
milliseconds. Also the level of the signal at which 
limiting takes place may be adjusted by the attenuators - 
14a and 14b* 

5 The outputs from the limiting amplifiers are 

supplied to the mixer 17 via the attenuators 16a and 
16b- These attenuators coinprise resistors whose values 
may be varied so as to alter the relative levels of the 
signals in the two-. frequency bands according to the need 

10 needs of the patient. Also, the output level may be 
adjusted according to the needs of the patient by means 
of the volume control 18. 

.An advantage, of the hearing aid shorn in Figures 
2 and 3.3.S that, 'with the cross over freqadncy of 

15 the filters 12 and 13 at approximately 1500 Hz, the 
limiting amplifier 15ji reacts to consonants in speech 
whereas the amplifier 1^b reacts to vowels in speech. 
As vowels in spoken language tend to be relatively 
louder than consonants, the two types of sounds are 

20 handled separately and the hearing aid is not prone 
to the masking effect which takes place with known 
hearing aids. For instance, such known hearing aids 
generally comprise a single dynamic range limit er 
covering the whole audio frequency band- Thus, when 

25 a ponsonant follows a vowel, the dynamic range will be 
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greatly compressed 'because or tlie relatively high 
sound level of the vowel. However, the known system 
cannot recover . sufficiently quickly to restore the 
dynamic range for the following consonent, whose level 
5 is therefore reduced relative to that of the vowel , 
thus making speech much less intelligible. 

Figures 4(a) to (d) illustrate graphically 
four types of possible hearing impairment, in which 
sound intensity is plotted against- frequency , and 
10 2g are the thresholds of discomfort and hearing, 

respectively, and and I> H axe^th^, dynamic range at 
low and high frequencies, respectively; 

Figures&Ca) illustrate flat .hearing loss, in 
which the patient 1 s threshold of hearing is raised by 
15 the same amount throughout the frequency spec trum . 

Figure 4(h) illustrates high frequency loss, in 
which the patient 1 a threshold of hearing is raised 
more at high frequencies than at low frequencies. 
In Figure 4(c) , high frequency loss is 
20 accompanied "by an increase in the patient's threshold 
of discomfort at high frequencies. 

Figure 4(d) illustrates low frequency I06S, in ■ 
which the patient's threshold of hearing is raised 
more at low frequencies than at high frequencies. 
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An example of the calculation of parameters of 
a tearing aid vill he given with reference to Figure 2. 

The dynamic range of speech normally encountered 
is from 55dB SPL peak to 85 dB SPL peak. The AGO 

5 threshold of the amplifier 11 is set at 65 dB SPL and 
the speech signal at the output of amplifier 11 is OdB 
at 750 Hz for 65 dB SPL input. With reference to Fig.1 
and assuming the losses due to filters 12 and 13 are 
zero in the pass hands t the range of peak speech 

10 signals in the high channel will he -5dB to -15dB and 
in the low channel will he OdB to -10dB. Let the 
AGO threshold for amplifiers 15a and 15b occur at TdB 
referred to the input. 

. Suppose the patient has a flat threshold of 
15 discomfort and a dynamic range at 2500 E 2 of and 
a dynamic range at 750 Hz L^ (Figure 4). 

The threshold T corresponds to the threshold 
of discomfort. The TniniimiTn HP signal heard hy the 
patient will correspond to T-DjdB. The minimum LP 
20 signal heard will correspond to T-B^ dB. 

The minimum HP signal applied to the HP 
attenuator is - 35dB- So -35dB -Lg - T-D^. Hence 
-Lg * T-D H + 35dB. Similarly -1^ * T-tt^ + 50dB. 
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17. 

If the threshold of discomfort is flat, the 
losses of the attenuators 16a and 16b are made the 
• same. (Figure 4(a)). 

If the threshold of discomfort at higii frequencies 
5 is greater than that at low frequencies by 10 dB, then 
the loss is made 10dB smaller than the loss 
(Figure 4(c)). The actual maximum power output of the 
aid, which corresponds to the actual value of the 
threshold of discomfort in dB SPL is set by volume 
10 control 18 to suit the patient* 
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1. A hearing aid compromising a first electro-acoustic 
transducer (10) for converting sound to an electrical 
signal, a variable gain unit (15) and a second electro- 
acoustic transducer (20) for producing an acoustic signal, 
characterised by frequency dependent filtering means 
(12, 13) for dividing the electrical signal from the first 
transducer (10) into two signals of different frequency 
bands; two channels each comprising a variable* gain 
circuit (15a, 15b) arranged to reduce the dynamic range 
of the signals from the filtering means (12, 13) which 
comprises a high pass filter (12) and a low pass filter (13) 
in respective ones of the two channels, the filters 
having substantially the same turnover frequency which is 
in the range. 1000 to 2000 Hertz; and means (17) for mixing 
the outputs of the channels, the variable gain circuits 
(l$a, 15b) being arranged such that above a predetermined 
threshold the peak output is substantially constant without 
the signals suffering distortion • 

2o A hearing aid as claimed in claim" 1, characterised 
in that each variable gain circuit (15a, 15b) comprises 
a variable gain amplifier and an envelope detector whose 
* input is connected to the output of the variable gain 
amplifier and whose output is connected to a gain 
control input of the variable gain amplifier* 

3 # . A hearing aid as claimed in claim 1 or 2, characterised 
in that the compression or limiting of the hearing aid has 
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an attack time substantially equal to two milliseconds. 

4. A hearing aid as claimed in any preceding claim 5 
characterised in that the compression or limiting of 

the hearing aid has a release time in the range 10 to 30 
5 milliseconds in the high pass channel (12, 15a) and a 
release time in the range 30 to 100 milliseconds in the 
low pass channel (13, 15b). 

5. A hearing aid as claimed in any preceding claim, 
characterised in that the turnover frequency is substan- 

10 tially 1500 Hz. 

6. A hearing aid as claimed in any preceding claim, 
characterised in that an ad jus table attenuator (14a, 14b) 
is provided between the input of each variable gain 
amplifier 4l5a, 15b) and the corresponding output of the 

15 filtering means (12, 13). 

7. A hearing aid as cliamed in any preceding claim, 
characterised in that adjustable attenuator (16a, 16b) 
is provided between the output of each variable gain 
amplifier (15a, 15b) and the mixing means (17). 

20 8. A hearing aid as claimed in any preceding claim, 
characterised in that a further dynamic range reducing 
variable gain circuit (11) is connected between the first 
tBansducer (10) and the filtering means (12, 13). 
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9. A hearing aid as claimed in claim 8, characterised 
in that the further dynamic range reducing variable 
gain circuit (11) comprises a variable gain amplifier 
and an envelope detector whose input is connected to 
the output of the variable gain amplifier and whose 
output is connected to a gain control input of the 
variable gain amplifier. 

10. A hearing aid as claimed in claim 8, characterised 
in that variable gain circuit (11) has an attack time 
substantially equal to 2 milliseconds and a release time 
of at least 100 milliseconds • 
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